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Description

[0001] This invention relates to digital to analogue
converters.

[0002] Known digital to analogue converters include
systems that incorporate a resister ladder, elements of
which are selectively energised in response to the input
digital signal value to yield a total output analogue signal
of an appropriate size. It is also known to utilise pulse
width modulation (PWM) techniques to perform digital
to analogue conversion. With these PWM techniques, a
pulse width modulated signal is generated with a duty
cycle controlled by the input digital signal value. This
pulse width modulated signal is then low pass filtered
and an analogue signal is produced with a value de-
pendent upon the duty cycle of the pulse width modu-
lated signal.

[0003] EP-A-97,249 discloses a digital to analogue
converter comprising a plurality of output stages each
responsive to an input digital signal to generate either
an on signal, an off signal, or a pulse width modulated
signal. The output stages are coupled in parallel to a
summing node which is connected to a low pass filter.
[0004] W.ithin the field of circuits including both digital
and analogue portions, it is desirable that as much of
the circuit as possible be implemented within the digital
portion. The digital portions may be implemented as in-
tegrated circuits that are relatively inexpensive, com-
pact and power efficient as well as comparatively im-
mune to the tolerance problems of analogue circuits.
[0005] With adigitaltoanalogue converter, there must
at some stage be a conversion from digital circuitry to
analogue circuitry. This interface produces a further
constraint in that it is desirable that as few signal lines
as possible should be used to connect the digital portion
of the circuit to the analogue portion of the circuit. The
reason for this is that the digital portion of the circuit will
typically be implemented as an integrated circuit which
has a much smaller size and a restricted available input/
output connection count. Thus, the greater the number
of connections required from the digital portion of the
circuit to the analogue portion of the circuit, the less are
the number of connections that are available to perform
other functions that may be required of the digital circuit.
[0006] The present invention addresses the problem
of providing an improved digital to analogue converter
that allows an increased proportion of digital circuitry to
be used and requires a low number of connections be-
tween the digital portion of the circuit and the analogue
portion of the circuit.

[0007] Viewed from one aspect the present invention
provides a digital to analogue converter for converting
an input digital signal value to an output analogue signal,
said digital to analogue converter comprising:

a plurality of output stages each being responsive
to said input digital signal value to generate a com-
ponent signal that is one of an on signal having a
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signal amplitude, a pulse width modulated signal
having said signal amplitude and an off signal, said
on signal and said pulse width modulated signal for
different output stages having different signal am-
plitudes and being coupled in parallel to a common
summing node to generate a sum signal;

a low pass filter for low pass filtering any pulse width
modulated component of said sum signal at said
common summing node to generate said output an-
alogue signal;

wherein one or more chord bits of said input digital
signal value control which of said output stages
generate said on signal, which of said output stages
generate said pulse width modulated signal and
which of said output stages generate said off signal,
and

for a given input digital signal value, only one of said
output stages is a pulse width modulated output
stage that generates a pulse width modulated sig-
nal, any output stages with signal amplitude lower
than said pulse width modulated output stage gen-
erating on signals and any output stages with signal
amplitude higher than said pulse width modulated
output stage generating off signals.

[0008] The invention utilises a plurality of output stag-
es with different signal amplitudes with each stage being
operable in an on/off manner or a pulse width modula-
tion manner. This provides a high dynamic range with
the pulse width modulation providing sufficiently fine
resolution without needing an excessive number of out-
put stages. The low pass filter is the only portion that
need be analogue in nature so meeting the requirement
that the digital to analogue converter be implemented
primarily with a digital circuit.

[0009] It would be possible although outside of the
scope of the present invention for more than one of the
output stages to simultaneously be producing a pulse
width modulated component signal. However, the bit
space (or time slots, where a bit represents a time slot)
available to represent the input digital signal value is in
itself at a premium. The amount of data of storage ca-
pacity required to store a digitally sampled representa-
tion of an analogue signal may be extremely high and
accordingly the bit space within any given input digital
signal value must be used to the maximum effect.
Therefore in the invention, for a given input digital signal
value, only one of said output stages is a pulse width
modulated output stage that generates a pulse width
modulated signal, any output stages with signal ampli-
tude lower than said pulse width modulated output stage
generating on signals and any output stages with signal
amplitude higher than said pulse width modulated out-
put stage generating off signals.

[0010] The bit space requiredto specify the duty cycle
of a pulse width modulated signal to a meaningful de-
gree is comparatively large compared to the bit space
required to specify which output stages produce either
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on or off signals. Accordingly, it is advantageous that
only one output stage is producing a pulse width mod-
ulated signal at any given time. Furthermore, achieving
the required dynamic range within the analogue signal
amplitude necessitates that the lower order output stag-
es be on to provide a bias on top of which the pulse width
modulated signal provides an additional degree of fine
control and improves monotonicity.

[0011] In order to provide a high dynamic range that
smoothly and effectively covers the range of output an-
alogue signals that it is designed to use, it has been
found preferable that said on signals and said pulse
width modulated signals for different output stages have
logarithmically related amplitudes.

[0012] Within a digital circuit, such a logarithmic rela-
tionship is simplified in implementation when said signal
amplitudes increase by a factor of two between output
values.

[0013] Itis preferred that a plurality of control field bits
of said input digital signal value select a duty cycle for
said pulse width modulated signal.

[0014] It is desirable that the digital to analogue con-
verter should be able to produce both polarities of ana-
logue signal and accordingly, it is preferred that a sign
bit of said input digital signal value selects the polarity
of said output analogue signal.

[0015] The low pass filter may be implemented in
many different ways. One problem that can arise is the
effect of thermal drift and manufacturing tolerances
within the digital circuitry upon the driving of the low pass
filter that may result in variations in the absolute value
of the output analogue signal. Preferred embodiments
of the invention that reduce this problem are ones in
which said low pass filter includes a differential amplifier,
areference input to said differential amplifier being a ref-
erence voltage derived from a reference signal of a pre-
determined duty cycle.

[0016] The combination of the use of a differential am-
plifier that is corrected with a reference voltage that is
itself derived from a reference signal with a predeter-
mined duty cycle is that variations in the component sig-
nals produced by the output stages will be accompanied
by corresponding changes in the reference signal that
will serve to cancel out one another.

[0017] A simple, effective and inexpensive way of
controlling the signal amplitudes of the different output
stages is that each output stage includes a resistive el-
ement to control said signal amplitudes for said output
stage.

[0018] The variation between the signal amplitudes of
different stages may be more accurately controlled
when said resistive elements are formed of one or more
resistors having a common resistance value and origi-
nating from a common manufacturing batch.

[0019] Whilst the invention provides advantages of
compactness, high dynamic range and high resolution
in many different implementations, the invention pro-
vides particularly strong advantages in embodiments in
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which other than said resistive elements and said low
pass filter, said digital to analogue converter comprises
a digital integrated circuit.

[0020] In order to effectively drive the different types
of component signal to the common summing mode, it
is preferred that each output stage includes a tri-state
buffer that generates said component signal.

[0021] The pulse width modulation pattern chosen
could take many forms. Generally speaking, a transition
in state of a signal consumes power. Reducing power
consumption is regarded as a desirable goal since it en-
ables longer operation of portable devices and reduces
heat build up. However, in order to improve the effec-
tiveness of the low pass filter and the fidelity of the out-
put analogue signal it is preferred that said pulse width
modulated signal has the lowest low frequency Fourier
component content for a required duty cycle and over-
sampling frequency of said pulse width modulated sig-
nal.

[0022] The digital to analogue converter of the
present invention may be used with input digital signal
values representing many different physical entities.
However, the invention is particularly useful when said
input digital signal value is a digital audio sample and
said output analogue signal drives an audio transducer.
[0023] Viewed from another aspect the invention also
provides a digital to analogue conversion method for
converting an input digital signal value to an output an-
alogue signal, said digital to analogue conversion meth-
od comprising the steps of:

in response to said input digital signal value in each
of a plurality of output stages generating a compo-
nent signal that is one of an on signal having a signal
amplitude, a pulse width modulated signal having
said signal amplitude and an off signal, said on sig-
nal and said pulse width modulated signal for differ-
ent output stages having different signal amplitudes
and being coupled in parallel to a common summing
node to generate a sum signal;

low pass filtering any pulse width modulated com-
ponent of said sum signal at said common summing
node to generate said output analogue signal;
wherein one or more chord bits (6) of said input dig-
ital signal value control which of said output stages
generate said on signal, which of said output stages
generate said pulse width modulated signal and
which of said output stages generate said off signal,
and

for a given input digital signal value, only one of said
output stages is a pulse width modulated output
stage that generates a pulse width modulated sig-
nal, any output stages with signal amplitude lower
than said pulse width modulated output stage gen-
erating on signals and any output stages with signal
amplitude higher than said pulse width modulated
output stage generating off signals.
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[0024] Embodiments of the invention will now be de-
scribed, by way of example only, with reference to the
accompanying drawings in which:

Figure 1 illustrates the format of one embodiment
of an input digital signal value;

Figure 2 illustrates an output stage for digital to an-
alogue converting the input digital signal value of
Figure 1;

Figure 3 illustrates a set of output stages as illus-
trated in Figure 2 in combination with a low pass
filter;

Figure 4 illustrates the digital to analogue charac-
teristic of the system of Figures 1, 2 and 3;

Figure 5 illustrates the chord-steering in relation to
differing chord selecting bits for the system of Fig-
ures 1, 2 and 3;

Figure 6 illustrates the mapping between input dig-
ital signal values and output analogue signals for
the system of Figures 1, 2 and 3;

Figure 7 illustrates the format of another embodi-
ment of an input digital signal value;

Figure 8 illustrates an output stage for digital to an-
alogue converting the input digital signal value of
Figure 7;

Figure 9 illustrates a set of output stages as illus-
trated in Figure 8 in combination with a low pass
filter;

Figure 10 illustrates the digital to analogue charac-
teristic of the system of Figures 7, 8 and 9;

Figure 11 illustrates the chord-steering in relation to
differing chord selecting bits for the system of Fig-
ures 7,8 and 9;

Figure 12 illustrates the mapping between input dig-
ital signal values and output analogue signals for
the system of Figures 7, 8 and 9;

Figure 13 illustrates the pulse width modulation en-
coding for different mantissa values of the input dig-
ital signal value of Figure 7,

Figure 14 illustrates the relationship between the
reference signal of a predetermined duty cycle, the
reference voltage and the supply/rail voltage;
Figure 15 illustrates the matching variation in the
uncorrected analogue signal and the reference volt-
age; and

Figure 16 illustrates another embodiment in which
stereo audio signals are produced by two two-stage
digitalto analogue convertors and are then low pass
filtered and amplified.

Figure 1 illustrates an input digital signal value 2. The
input digital signal value 2 is composed of a sign bit 4,
two chord selecting (exponent) bits 6 and five control
field (mantissa) bits 8. The sign bit 4 controls the polarity
of the output analogue signal produced by the digital to
analogue converter. The chord selecting bits 6 control
which of the output stages of the digital to analogue con-
verter produce on signals, off signals or pulse width
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modulated signals. This corresponds to selecting a par-
ticular chord upon the characteristic illustrated in Figure
4 on which the output analogue signal lies. The control
field bits 8 control the duty cycle of the pulse width mod-
ulated signal produced by one of the output stages of
the digital to analogue converter. This corresponds to
specifying a position along the chord in Figure 4 that has
been selected by the chord selecting bits 6. The five bits
of the control field bits 8 allow thirty two different duty
cycles to be specified.

[0025] Figure 2 illustrates an output stage 10 of the
digital to analogue converter. A 5-bit pulse width modu-
lating decoder (in fact shared between all the output
stages) 12 converts the control field bits 8 to a pulse
width modulated signal PWM having one of 32 possible
duty cycles. Control field bits 00000 produce a duty cy-
cle of 16/32. Control field bits 01111 produce a duty cycle
of 31/32 with the intervening control field bit numbers
between 00001 and 01110 producing the duty cycles
17/32 to 30/32. The control field bits 10000 produce a
duty cycle of 0/32. The control field bits 11111 produce
a duty cycle of 15/32 with the intervening control field
bits between 10000 and 11111 producing the duty cycles
1/32 10 14/32.

[0026] A chord decoder 14 is responsive to the chord
selecting bits 6 to produce a chord-steering output that
it is supplied to a multiplexer 16. Depending upon the
content of the chord selecting bits 6, the chord decoder
14 controls the multiplexer 16 by the chord-steering bits
to select one of an on-signal 18 an off-signal 20 and the
pulse width modulated signal for output by the multiplex-
er 16. The mapping of the chord selecting bits 6 to the
chord-steering signal will differ for different output stag-
es such that for any given chord selecting bits, one of
the multiplexers will select the Pulse Width Modulated
signal, the higher order multiplexers will select the on-
signal 18 and the lower order multiplexers will select the
off-signal 20.

[0027] The sign bit 4 provides the input to a tri-state
buffer 22. The tri-state buffer 22 is gated by the output
of the multiplexer 16 and supplies its output to an output
pad 24 of an integrated circuit. The components to the
left of the output pad 24 in Figure 2 are all part of an
integrated circuit. The signal from the output pad 24 is
then passed to a resistive element 26 that has a partic-
ular value depending upon the order of the output stage.
The resistive element 26 is formed of a network of re-
sisters of the same value and from the same manufac-
turing batch. In this way, an accurate logarithmic rela-
tionship between the resistance values of respective re-
sistive elements 26 in different output stages 10 can be
achieved.

[0028] Figure 3 illustrates a digital to analogue con-
verter having four output stages 10. These output stag-
es 10 are connected via respective resistive elements
26 to a common summing node 28. The common sum-
ming node 28 passes its output to a low pass filter 30
that comprises a differential amplifier 32 with a feedback
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network 34. A reference voltage V/2 is fed to the non-
inverting input of the differential amplifier 32 and the sum
of the component signals from the respective output
stages 10 is supplied from the common summing node
to the inverting input of the differential amplifier 32. The
feedback network 34 has component values chosen in
accordance with standard practice to produce a low
pass filtering characteristic with a cut off frequency sub-
stantially lower than the lowest Fourier component of the
pulse width modulated signal.

[0029] The reference voltage V/2 is derived from a ref-
erence signal circuit 27 via further output pad of the in-
tegrated circuit (having an identical tristate output buffer
to the output stages such that manufacturing differences
in the tristate output buffers may be corrected) which
produces a reference signal RS having a 50% duty cycle
that is then passed through a reference signal low pass
filter 36 to yield the reference voltage V/2. In this way,
variations in the absolute magnitude of the signals pro-
duced by the integrated circuit, such as due to changes
in the rail voltage, are compensated for since the same
changes will occur in the reference voltage V/2 which is
used as a reference point by the differential amplifier 32.
[0030] Figure 4 illustrates the digital to analogue char-
acteristic of the circuit of Figure 3. The analogue signal
varies over a range of -480I to +480Il, where | is a pre-
determined current that provides the smallest increment
in the analogue signal (in this case given by approxi-
mately V/(8*R), where V is the voltage to which the tri-
state buffer 22 drives the output pad 24 when it is
switched on). This dynamic range of 960l would be lin-
early encoded with 10 bits. However, the logarithmic
representation of the signal explained in relation to Fig-
ure 1 achieves this dynamic range with 8 bits. Input dig-
ital signal values 00 to 1f (hexadecimal) are in the first
chord 38 and provide thirty-two possible output ana-
logue signal levels each spaced by |. The second chord
40 also provides thirty-two possible analogue signal lev-
els, but this time spaced by 2*|. The same continues with
the third chord 42 and the fourth chord 44 with respec-
tive analogue signal level spacings of 4*| and 8*|. When
the most significant bit of the input digital signal value is
"1", indicating a negative output analogue signal, then
the corresponding negative chords 38', 40', 42' and 44'
are used.

[0031] Whilst the dynamic range of the analogue sig-
nal is high, the resolution at higher levels is lower than
with a conventional linear encoding. However, in many
real life applications, such as audio signals, this is not
significant since the logarithmic characteristic well
matches the human hearing response and accordingly
makes best use of the bit space available for the audio
sample.

[0032] Figure 5 illustrates the relationship between
the chord selecting bits or exponent bits (EXP) and the
chord-steering signals supplied to respective multiplex-
ers 16 within differing output stages 10. The lowest order
output stage is the one with the largest magnitude re-
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sistive element (in this case 8*R) and its selected output
is represented by EN[0O]. When the lowest chord 38, 38"
is selected, then the lowest order output stage produces
a pulse width modulated component with all the higher
order stages being switched off. As the exponent in-
creases, the output stage that produces the pulse width
modulated signal moves up the order, with lower order
output stages being permanently switched on and high-
er output stages remaining switched off. When the high-
est orderchord 44, 44'is selected by the exponent value
11, then highest order output stage (corresponding to
the resistive element R) produces a pulse width modu-
lated signal and all of the lower order stages produce
on signals.

[0033] Figure 6 illustrates the relationship between
sign, exponent and mantissa bits of the input digital sig-
nal value to the component signals loutn] and the
summed signal ltot that is low pass filtered. For those
output stages that are producing a pulse width modulat-
ed signal, then the value given in Figure 6 is the duty
cycle for a given mantissa multiplied by the relative sig-
nal amplitude for that stage.

[0034] Figures7to 13illustrate a second embodiment
of the invention. This embodiment operates on the same
principals as the above described first embodiment, but
in this case uses a 3-bit exponent (chord selection bits)
and a 4-bit mantissa (control field bits). This is illustrated
in Figure 7.

[0035] Figure 8 shows an output stage 46 that in this
case includes a 4-bit pulse width modulated decoder 48
and a chord decoder 50 that is responsive to three ex-
ponent bits. The multiplexer 52 and the tri-state buffer
54 operate in the same manner as those previously de-
scribed.

[0036] Figure 9 illustrates a digital to analogue con-
verter composed of eight of the output stages 46 illus-
trated in Figure 8. In this case, the resistive elements
range in resistance value between R and 128*R. The
output component signal currents from all of the output
stages 46 are passed to the common summing node 56
before they are low pass filtered. The reference signal
circuit 47 produces a 50% duty cycle reference signal
that is then low pass filtered by the reference signal low
pass filter 49.

[0037] Figure 10 illustrates the characteristic of the
digital to analogue converter of Figure 9. The character-
istic is composed of eight chords that are respectively
selected by differing exponent values. The highest val-
ues within respective chords are 161, 48l, 1121, 240l,
4961, 1008I, 2032| and 4080Il. The total dynamic range
of the characteristic is 8160I. This dynamic range would
normally require 13 bits to cover with a linear represen-
tation. In this logarithmic representation it is covered in
only 8 bits at the expense of the step size increasing in
the final chord to 128I. Each chord has sixteen possible
equally spaced levels.

[0038] Figure 11 illustrates the relationship between
the exponent values and the chord-steering output of
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the chord decoder 50. The pattern of this relationship is
the same as that illustrated in Figure 5 for the previous
embodiment. As the exponent increases, the output
stage that is producing a pulse width modulated signal
increases in order with the lower stages bcing switched
on and the higher stages being switched off.

[0039] Figure 12 shows the relationship between
sign, exponent and mantissa bit to the component and
total signals in the second embodiment. In comparison
with the first embodiment, a higher dynamic range is
achieved at the expense of a larger step size. This has
been found to be a worthwhile trade-off in audio signal
digital to analogue conversion.

[0040] Figure 13 illustrates the relationship between
the mantissa values and the pulse width modulated sig-
nal output by the 4-bit pulse width modulated decoder
48 of Figure 8. A mantissa value of 1000 produces a
duty cycle of 0/16 that is represented by the pulse width
modulated signal remaining at the off state through all
of its sixteen time slots (oversampling frequency *16).
A mantissa value (control field bits) of 0000 produces a
8/16 (60%) duty cycle in which the pulse width modulat-
ed signal alternates between off and on between each
of the sixteen over sampled time slots. It would be pos-
sible to achieve a 50% duty cycle by having eight con-
secutive off time slots followed by eight consecutive on
time slots. However, such a decoding would have a
greater low frequency Fourier component content that
would be more difficult for the low pass filter to remove.
Accordingly, in order to improve the fidelity of the ana-
logue signal derived the highest frequency pattern is
used.

[0041] Inthe embodiment of Figure 8, the input digital
signal values are subject to a degree of digital signal
processing prior to being output. This digital signal
processing can be used to compensate for factors such
as a variation with frequency of the phase shift intro-
duced by the digital to analogue converter. If a 100%
duty cycle is required for the pulse width modulated sig-
nal, then this is achieved by supplying sample data to
the digital signal processing pre-processing circuits that
force these into an over-range condition with this over-
range signal being supplied to the 4 bit pulse width mod-
ulated decoder 48. This is illustrated by the bottom line
in Figure 13.

[0042] Figure 14 illustrates a reference signal 58 com-
posed of a square wave with a 50% duty cycle and a
level varying between zero and the supply voltage Vrail.
The mean (low pass filtered) value of the reference sig-
nal is half the rail voltage and is supplied elsewhere in
the circuit as the reference voltage.

[0043] Figure 15 illustrates how the variation due to
degradation in the uncorrected analogue signal (the
common node signal) is matched by the variation in the
reference voltage such that a/b is substantially the same
as c/d. In this way voltage drift, offset and some other
problems due to tolerances in the circuits may be cor-
rected for by the differential amplifier supplied with the
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reference voltage as a reference input level.

[0044] Figure 16 illustrates another embodiment hav-
ing two two-stage audio channels AOL. AOR each hav-
ing an associated low pass filter and amplifier associat-
ed therewith. A reference voltage Vref is provided by an
output Aref that is low pass filtered. This reference volt-
age Vref is supplied to the filter and amplifying circuits
of both channels to compensate for variations in the sig-
nals AOL. AOR and Aref being produced by the inte-
grated circuit.

Claims

1. Adigital to analogue converter for converting an in-
put digital signal value (2) to an output analogue sig-
nal (V out), said digital to analogue converter com-
prising:

a plurality of output stages (10) each being re-
sponsive to said input digital signal value to
generate a component signal that is one of an
on signal (1) having a signal amplitude, a pulse
width modulated signal (PWM) having said sig-
nal amplitude and an off signal (0), said on sig-
nal and said pulse width modulated signal for
different output stages having different signal
amplitudes and being coupled in parallel to a
common summing node (28) to generate a sum
signal,

alow passfilter (32,34) for low pass filtering any
pulse width modulated component of said sum
signal at said common summing node to gen-
erate said output analogue signal,

wherein one or more chord bits (6) of said input
digital signal value control which of said output
stages generate said on signal, which of said
output stages generate said pulse width mod-
ulated signal and which of said output stages
generate said off signal, and

for a given input digital signal value, only one
of said output stages is a pulse width modulated
output stage that generates a pulse width mod-
ulated signal, any output stages with signal am-
plitude lower than said pulse width modulated
output stage generating on signals and any out-
put stages with signal amplitude higher than
said pulse width modulated output stage gen-
erating off signals.

2. Adigital to analogue converter as claimed in claim
1, wherein said on signals and said pulse width
modulated signals for different output stages have
logarithmically related amplitudes.

3. Adigital to analogue converter as claimed in claim
2, wherein said signal amplitudes increase by a fac-
tor of two between output values.
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A digital to analogue converter as claimed in any
one of the preceding claims, wherein a plurality of
control field bits (8) of said input digital signal value
select a duty cycle for said pulse width modulated
signal.

A digital to analogue converter as claimed in claim
any one of the preceding claims, wherein a sign bit
(4) of said input digital signal value selects the po-
larity of said output analogue signal.

A digital to analogue converter as claimed in any
one of the preceding claims, wherein said low pass
filter includes a differential amplifier (32), a refer-
ence input (¥/,) to said differential amplifier being a
reference voltage derived from a reference signal
of a predetermined duty cycle.

A digital to analogue converter as claimed in any
one of the preceding claims, wherein each output
stage includes a resistive element (R) to control
said signal amplitudes for said output stage.

A digital to analogue converter as claimed in claim
7, wherein said resistive elements are formed of
one or more resistors having a common resistance
value and originating from a common manufactur-
ing batch.

A digital to analogue converter as claimed in any
one of claims 7 and 8, wherein other than said re-
sistive elements and said low pass filter, said digital
to analogue converter comprises a digital integrat-
ed circuit.

A digital to analogue converter as claimed in any
one of the preceding claims wherein each output
stage includes a tri-state buffer (22) that generates
said component signal.

A digital to analogue converter as claimed in any
one of the preceding claims, wherein said pulse
width modulated signal has the lowest low frequen-
cy Fourier component content for a required duty
cycle and oversampling frequency of said pulse
width modulated signal.

A digital to analogue converter as claimed in any
one of the preceding claims, wherein said input dig-
ital signal value is a digital audio sample and said
output analogue signal drives an audio transducer.

A digital to analogue conversion method for con-
verting an input digital signal value to an output an-
alogue signal, said digital to analogue conversion
method comprising the steps of:

in response to said input digital signal value in
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each of a plurality of output stages generating
a component signal that is one of an on signal
having a signal amplitude, a pulse width mod-
ulated signal having said signal amplitude and
an off signal, said on signal and said pulse width
modulated signal for different output stages
having different signal amplitudes and being
coupled in parallel to a common summing node
to generate a sum signal

low pass filtering any pulse width modulated
component of said sum signal at said common
summing node to generate said output ana-
logue signal;

wherein one or more chord bits (6) of said input
digital signal value control which of said output
stages generate said on signal, which of said
output stages generate said pulse width mod-
ulated signal and which of said output stages
generate said off signal, and

for a given input digital signal value, only one
of said output stages is a pulse width modulated
output stage that generates a pulse width mod-
ulated signal, any output stages with signal am-
plitude lower than said pulse width modulated
output stage generating on signals and any out-
put stages with signal amplitude higher than
said pulse width modulated output stage gen-
erating off signals.

Patentanspriiche

1.

Digital-Analog-Wandler zum Umwandeln eines di-
gitalen Eingangssignalwertes (2) in ein analoges
Ausgangssignal (V out), wobei der Digital-Analog-
Wandler aufweist:

eine Mehrzahlvon Ausgangsstufen (10), die je-
weils auf den digitalen Eingangssignalwert rea-
gieren, um eine Signalkomponente zu erzeu-
gen, die entweder ein "on" Signal (1) mit einer
Signalamplitude, oder ein pulsbreitenmodulier-
tes Signal (PWM), das diese Signalamplitude
besitzt, oder ein "off" Signal (0) ist, wobei das
"on" Signal und das pulsbreitenmodulierte Si-
gnal von verschiedenen Ausgangsstufen ver-
schiedene Signalamplituden besitzen und par-
allel mit einem gemeinsamen Summationskno-
tenpunkt (28) verbunden sind, um ein Sum-
mensignal zu erzeugen,

ein TiefpaBfilter (32, 34) flr die TiefpaBfilterung
jeder pulsbreitenmodulierten Komponente des
Summensignals an dem gemeinsamen Sum-
mationsknoten, um das analoge Ausgangssi-
gnal zu erzeugen,

wobei ein oder mehrere "chord" bits (6) des di-
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gitalen Eingangssignalwertes steuern, welche
der Ausgangsstufen das "on" Signal erzeugen,
welche der Ausgangsstufen das pulsbreiten-
modulierte Signal erzeugen und welche der
Ausgangsstufen das "off' Signal erzeugen, und
wobei

nur eine der Ausgangsstufen flr einen gegebe-
nen digitalen Eingangssignalwert eine puls-
breitenmodulierte Ausgangsstufe ist, die ein
pulsbreitenmoduliertes Signal erzeugt, und alle
Ausgangsstufen mit einer Signalamplitude, die
kleiner als die pulsbreitenmodulierte Aus-
gangsstufe ist, "on" Signale erzeugen und alle
Ausgangsstufen mit einer Signalamplitude, die
gréBer als die pulsbreitenmodulierte Aus-
gangsstufe ist, "off" Signale erzeugen.

Digital-Analog-Wandler nach Anspruch 1, wobei die
"on" Signale und die pulsbreitenmodulierten Signa-
le von verschiedenen Ausgangsstufen Amplituden
besitzen, die in logarithmischer Beziehung stehen.

Digital-Analog-Wandler nach Anspruch 2, wobei die
Signalamplituden zwischen den Ausgangswerten
um einen Faktor von 2 anwachsen.

Digital-Analog-Wandler nach einem der vorherigen
Anspriche, wobei eine Vielzahl von Kontrollfeldbits
(8) des digitalen Eingangssignalwertes einen Ar-
beitszyklus flr das pulsbreitenmodulierte Signal
auswahlen.

Digital-Analog-Wandler nach einem der vorherigen
Anspriiche, wobei ein Vorzeichenbit (4) des digita-
len Eingangssignalwertes die Polaritat des analo-
gen Ausgangssignales auswahlt.

Digital-Analog-Wandler nach einem der vorherge-
henden Anspriiche, wobei der Tiefpaf3filter einen
Differentialverstarker (32) beinhaltet, wobei eine
ReferenzeingangsgréBe (v/2) an diesem Differenti-
alverstéarker eine Referenzspannung ist, die von ei-
nem Referenzsignal eines vorher bestimmten Ar-
beitszyklus abgeleitet wird.

Digital-Analog-Wandler nach einem der vorherge-
henden Anspriiche, wobei jede Ausgangsstufe ein
Widerstandselement (R) beinhaltet, um die Signal-
amplituden fir diese Ausgangsstufe zu steuern.

Digital-Analog-Wandler nach Anspruch 7, wobei die
Widerstandselemente aus einem oder mehreren
Widerstanden gebildet werden, die einen gemein-
samen Widerstandswert haben und aus einer ge-
meinsamen Herstellungscharge stammen.

Digital-Analog-Wandler nach einem der Anspriche
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7 und 8, wobei der Digital-Analog-Wandler auB3er
den Widerstandselementen und dem TiefpaBfilter
einen digitalen integrierten Schaltkreis aufweist.

Digital-Analog-Wandler nach einem der vorherigen
Anspriche, wobei jede Ausgangsstufe einen Drei-
zustandspufferspeicher (22) beinhaltet, der die Si-
gnalkomponente erzeugt.

Digital-Analog-Wandler nach einem der vorherigen
Anspriche, wobei das pulsbreitenmodulierte Si-
gnal die tiefste Niedrigfrequenz-Fourierkomponen-
te fur einen erforderlichen Arbeitszyklus und eine
"oversampling" Frequenz des pulsbreitenmodulier-
ten Signals enth&lt.

Digital-Analog-Wandler nach einem der vorherigen
Anspriche, wobei der digitale Eingangssignalwert
eine digitale Audioabtastung ist und das analoge
Ausgangssignal einen Audiowandler antreibt.

Digital-Analog-Umwandlungsverfahren zum Kon-
vertieren eines digitalen Eingangssignalwertes in
ein analoges Ausgangssignal, wobei das Digital-
Analog-Umwandlungsverfahren die Schritte auf-
weist:

Erzeugen einer Signalkomponente in jeder ei-
ner Mehrzahl von Ausgangsstufen in Reaktion
auf den digitalen Eingangssignalwert, die ent-
weder ein "on" Signal mit einer Signalamplitu-
de, oder ein pulsweitenmoduliertes Signal mit
dieser Signalamplitude oder ein "off" Signal ist,
wobei das "on" Signal und das pulsbreitenmo-
dulierte Signal flr unterschiedliche Ausgangs-
stufen unterschiedliche Signalamplituden ha-
ben und parallel zu einem gemeinsamen Sum-
menknoten verknipft sind, um ein Summensi-
gnal zu erzeugen,

TiefpaBfilterung jeder pulsbreitenmodulierten
Komponente des Summensignales an dem ge-
meinsamen Summenknoten, um das analoge
Ausgangssignal zu erzeugen,

wobei ein oder mehrere "chord" bits (6) des di-
gitalen Eingangssignalwertes regeln welche
der Ausgangsstufen das "on" Signal erzeugen,
welche der Ausgangsstufen das pulsbreiten-
modulierte Signal erzeugen und welche der
Ausgangsstufen das "off' Signal erzeugen, und
wobei

flr einen gegebenen digitalen Eingangssignal-
wert nur eine der Ausgangsstufen eine puls-
breitenmodulierte Ausgangsstufe ist, die ein
pulsbreitenmoduliertes Signal erzeugt, jede
Ausgangsstufe mit einer Signalamplitude, die
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kleiner als die pulsbreitenmodulierte Aus-
gangsstufe sind, "on" Signale erzeugt und alle
Ausgangsstufen mit einer Signalamplitude, die
gréBer als die pulsbreitenmodulierte Aus-
gangsstufe sind, "off' Signale erzeugen.

Revendications

Convertisseur numérique/analogique pour conver-
tir une valeur de signal numérique d'entrée (2) en
un signal analogique de sortie (V out), ledit conver-
tisseur numérique/analogique comprenant :

une pluralité d'étages de sortie (10) réagissant
chacun a ladite valeur de signal numérique
d'entrée en générant un signal de composante
qui est |'un d'un signal en service (1) ayant une
amplitude de signal, d'un signal modulé en lar-
geur d'impulsion (Pulse Width Modulated ou
PWM) ayant ladite amplitude de signal et d'un
signal hors service (0), ledit signal en service
et ledit signal modulé en largeur d'impulsion
pour des étages de sortie différents ayant des
amplitudes de signal différentes et étant cou-
plés en paralléle & un noeud de totalisation
commun (28) pour générer un signal de
somme ;

un filtre passe-bas (32, 34) pour faire subir un
filtrage passe-bas & toute composante modu-
Iée en largeur d'impulsion dudit signal de som-
me au niveau dudit noeud de totalisation com-
mun de facon a générer ledit signal analogique
de sortie ;

dans lequel un ou plusieurs bits de corde (6) de
ladite valeur de signal numérique d'entrée com-
mandent lequel desdits étages de sortie génére
ledit signal en service, lequel desdits étages de
sortie génére ledit signal modulé en largeur
d'impulsion et lequel desdits étages de sortie
génére ledit signal hors service ; et

pour une valeur de signal numérique d'entrée
donnée, un seul desdits étages de sortie est un
étage de sortie modulé en largeur d'impulsion
qui génére un signal modulé en largeur d'im-
pulsion, tous les étages de sortie avec une am-
plitude de signal inférieure a celle dudit étage
de sortie modulé en largeur d'impulsion géné-
rant des signaux en service et tous les étages
de sortie avec une amplitude de signal supé-
rieure & celle dudit étage de sortie modulé en
largeur d'impulsion générant des signaux hors
service.

Convertisseur numérique/analogique selon la re-
vendication 1, dans lequel lesdits signaux en servi-
ce et lesdits signaux modulés en largeur d'impul-
sion pour des étages de sortie différents ont des
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amplitudes liées de fagon logarithmique.

Convertisseur numérique/analogique selon la re-
vendication 2, dans lequel lesdites amplitudes de
signal augmentent d'un facteur de deux entre des
valeurs de sortie.

Convertisseur numérique/analogique selon l'une
quelconque des revendications précédentes, dans
lequel une pluralité de bits de champ de commande
(8) de ladite valeur de signal numérique d'entrée sé-
lectionnent un rapport cyclique pour ledit signal mo-
dulé en largeur d'impulsion.

Convertisseur numérique/analogique selon l'une
quelconque des revendications précédentes, dans
lequel un bit de signe (4) de ladite valeur de signal
numérique d'entrée sélectionne la polarité dudit si-
gnal analogique de sortie.

Convertisseur numérique/analogique selon l'une
quelconque des revendications précédentes, dans
lequel ledit filtre passe-bas comprend un amplifica-
teur différentiel (32), une entrée de référence (¥/,)
audit amplificateur différentiel étant une tension de
référence dérivée d'un signal de référence d'un rap-
port cyclique prédéterminé.

Convertisseur numérique/analogique selon l'une
quelconque des revendications précédentes, dans
lequel chaque étage de sortie comprend un élé-
ment résistif (R) pour contréler lesdites amplitudes
de signal pour ledit étage de sortie.

Convertisseur numérique/analogique selon la re-
vendication 7, dans lequel lesdits éléments résistifs
sont formés d'une ou plusieurs résistances ayant
une valeur de résistance commune et venant d'un
lot de fabrication commun.

Convertisseur numérique/analogique selon l'une
quelconque des revendications 7 et 8, dans lequel,
en-dehors desdits éléments résistifs et dudit filtre
passe-bas, ledit convertisseur numérique/analogi-
que comprend un circuit intégré numérique.

Convertisseur numérique/analogique selon l'une
quelconque des revendications précédentes, dans
lequel chaque étage de sortie comprend un tampon
atrois états (22) qui génére ledit signal de compo-
sante.

Convertisseur numérique/analogique selon l'une
quelconque des revendications précédentes, dans
lequel ledit signal modulé en largeur d'impulsion a
la plus basse proportion de composantes de Fou-
rier basse fréquence pour un rapport cyclique et
une fréquence de sur-échantillonnage requis dudit



12.

13.

17 EP 0 897 618 B1

signal modulé en largeur d'impulsion.

Convertisseur numérique/analogique selon I'une
quelconque des revendications précédentes, dans
lequel ladite valeur de signal numérique d'entrée
est un échantillon audio numérique et ledit signal
analogique de sortie attaque un transducteur audio.

Procédé de conversion numérique/analogique pour
convertir une valeur de signal numérique d'entrée
en un signal analogique de sortie, ledit procédé de
conversion numérique/analogique comprenant les
étapes suivantes :

en réponse a ladite valeur de signal numérique
d'entrée dans chacun d'une pluralité d'étages
de sortie, la génération d'un signal de compo-
sante qui est I'un parmi un signal en service
ayant une amplitude de signal, un signal modu-
Ié en largeur d'impulsion ayant ladite amplitude
de signal et un signal hors service, ledit signal
en service et ledit signal modulé en largeur
d'impulsion pour des étages de sortie différents
ayant des amplitudes de signal différentes et
étant couplés en paralléle & un noeud de tota-
lisation commun pour générer un signal de
somme ;

le filtrage passe-bas de toute composante mo-
dulée en largeur d'impulsion dudit signal de
somme au niveau dudit noeud de totalisation
commun pour générer ledit signal analogique
de sortie ;

dans lequel un ou plusieurs bits de corde (6) de
ladite valeur de signal numérique d'entrée com-
mandent lequel desdits étages de sortie génére
ledit signal en service, lequel desdits étages de
sortie génére ledit signal modulé en largeur
d'impulsion et lequel desdits étages de sortie
génére ledit signal hors service ; et

pour une valeur de signal numérique d'entrée
donnée, un seul desdits étages de sortie est un
étage de sortie modulé en largeur d'impulsion
qui génére un signal modulé en largeur d'im-
pulsion, tous les étages de sortie avec une am-
plitude de signal inférieure a celle dudit étage
de sortie modulé en largeur d'impulsion géné-
rant des signaux en service et tous les étages
de sortie avec une amplitude de signal supé-
rieure & celle dudit étage de sortie modulé en
largeur d'impulsion générant des signaux hors
service.
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EXP EN(3] EN[2] EN[1] EN[0]
00 0 0 0 PWM
01 0 0 PWM 1
10 0 PWM 1 1
11 PWM 1 1 1
Fig.5
Sign EXP Mantissa fout(3] lout(2] Tout(1] lout(0] [tot

1 11 11111 -256 -128 -64 =32 -480

1 [ (m) «(m+1)*38 -128 -64 -32 -(224+((m+1)"8))

1 Il 00000 -3 -128 -64 -32 -232

l 10 1t 0 -123 -64 -32 -224

1 10 (m) 0 -(m+1)*4 -64 32 (96+((m~+1)*4))

! 10 00000 0 -4 -64 -32 -100

| ol it 0 0 -64 -32 -96

1 01 (m) 0 0 (m+1)*2 -32 -(32+((m+1)*2))

[ 01 0 0 0 -2 -32. -34

l 00 11111 0 0 0 -32 -32

1 00 (m) 0 0 0 -(m+1) -(m+1)

1 00 00000 0 0 0 -1 -1

0 00 00000 0 0 0 +1 +1

0 00 (m) 0 0 0 +(m+1) +(m+1)

0 00 11t 0 0 0 +32 +32

0 01 00000 0 0 +2 +32 +34

0 01 (m) 0 0 +(m+1)*2 +32 +(324((m+1)*2))

0 01 it 0 0 +64 +32 +96

0 10 00000 0 +4 +64 +32 +100

0 10 (m) 0 +(m+1)*4 +64 +32 +(96+((m+1)*4))

0 10 111l 0 +128 +64 +32 +224

0 11 00000 +8 +128 +64 +32 +232

0 11 {m) +(m+1)*8 +128 +64 +32 +(224+((m+1)*8))

0 11 11i1 +256 +128 +64 +32 +480

Fig.6
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EXP EN[7] EN(6] EN(5) EN{4] EN(3] EN{2] EN({1] ENI[O0]
000 0 0 0 0 0 0 0 PWM
001 0 0 0 0 0 0 PWM 1
010 0 0 0 0 0 PWM 1 l
011 0 0 0 0 PWM 1 1 1
100 0 0 0 PWM l 1 1 1
101 0 0 PWM 1 L 1 1 l
110 0 PWM 1 1 ! 1 ! 1
Ll PWM l 1 1 l 1 1 {
Fig.11

[nput  PWM Output 2 3 4 5 7 8 a b d e

oltl 15/16 +7/16 + + 4+ o+ + o+ + <+ +  +

orio 14/16 +6/16 -+ o+ o+ + o+ + o+ + o+

otot 13/16 +5/16 + o+ -+ A + o+ + o+

0100 12/16 +4/16 -+ -+ + o+ +  + + o+

00t1 11/16  +3/16 + o+ o+ o+ o+ + . -+ +

0010 10/16  +2/16 -+ o+ o+ + - -+ +

0001 - 9/16 +1/16 + + -+ + . -+ +

0000 8/16 0 T + - -+ + .

L1 716 -1/16 N -+ + - -+

1110 6/16  -2/16 - -+ . - T + - e

1101 5116 -3/16 + - - . + + - -+

1100 4/16 -4/16 - - - . -+ + - -+

1011 3/16  -5/16 -+ - - . - - - -

1010 2/16  -6/16 S - - . - -

1001 1716 -7/16 + - - - - - - - -

1000 o/16 -8/16 - - - - - - - . - -

XXXX 16/16 +8/16 + o+ o+ 4 + o+ + o+ +  +

Fig.13
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